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Personal Audio Loudspeaker Array as a Complementary TV Sound
System for the Hard of Hearing
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SUMMARY A directional array radiator is presented, the aim of which
is to enhance the sound of the television in a particular direction and hence
provide a volume boost to improve speech intelligibility for the hard of
hearing. The sound radiated by the array in other directions is kept low,
so as not to increase the reverberant level of sound in the listening room.
The array uses 32 loudspeakers, each of which are in phase-shift enclosures
to generate hypercardioid directivity, which reduces the radiation from the
backofthearray. Theloudspeakers arearranged in8setsof4loudspeakers,
each set being driven by the same signal and stacked vertically, to improve
the directivity in this plane. This creates a 3D beamformer that only needs
8 digital ﬁlters to be made superdirective. The performance is assessed
by means of simulations and measurements in anechoic and reverberant
environments. The results show how the array obtains a high directivity in
a reverberant environment.
key words: personal audio, array signal processing, beamforming, hear-
ing aid
1. Introduction
The sensitivity of our hearing system degrades with age, a
phenomena known as presbyacusis, which causes the hear-
ing thresholds to increase and reduces the speech intelligi-
bility [1]. The eﬀects of presbyacusis can however be par-
tially recovered by the use of aids which amplify the per-
ceived sound. An everyday situation that demonstrates the
degradation of our hearing system is when people of diﬀer-
ent ages watch TV together, as young and old TV viewers
require diﬀerent listening levels [2]. To reduce this prob-
lem, a personal audio [3] device can be employed to com-
plement the function of the TV’s sound system and gener-
ate a boosted sound, orientated towards the person with a
hearing loss. The TV sound system radiates over the entire
frequency band, whilst the array ampliﬁes the mid-high fre-
quency range, where the hearing loss due to presbyacusis is
severe. Although this applicationmotivates the designofthe
array, it can be employed in many other areas that require a
directional sound.
Microphone arrays have been applied widely to in-
crease the directivity of wearable hearing aids [4]–[6] and
hence provide better discrimination of the direct sound from
sounds arriving from other directions. A reciprocal usage
is presented in this paper, where loudspeakers are employed
to create a personal sound, which enhances the level in a
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certain spatial area and hence improves the SNR in that
area. Personal audio devices are commonly formed by loud-
speaker arrays, being adopted in a number of diﬀerent appli-
cations which require a directed sound, for example; in indi-
vidual sound reproduction using headrest loudspeakers [7]
or laptop loudspeakers [8], to restrict the directivity of the
sound from mobile phones [9] or to create diﬀerent sound
zones inside a car [10].
The use of a loudspeaker array to create a highly di-
rectional sound source and enhance the audio of the TV has
been previously considered in terms of the signal process-
ing and electroacoustical tuning of the device [11], using an
array of 8 phase-shift sources. The phase-shift sources [12]
use an acoustical network to create a hypercardioid direc-
tivity pattern which minimises the excitation of the rever-
berant ﬁeld [13], thus allowing control of the rear radiation
using a reduced number of sources. Natural beamforming
is obtained when all the sources of an array radiate with the
same amplitude and phase. This presents a directivity which
is omnidirectional for frequencies where the wavelength of
radiation is bigger than the dimensions of the array [14]. In
order to boost the behaviour of the array at suchfrequencies,
superdirective control techniques are introduced [15]–[17].
Such techniques need an ap r i o r iknowledge of the array’s
transfer responses, and via an inverse problem allow the cre-
ation of a desired radiation pattern, which theoretically can
be made frequency invariant. However, at low frequencies,
these techniques do require large gains to operate, and are
quite sensitive to errors [18].
Although the array presented in [11] has a good perfor-
manceinananechoicchamber, its directionalcharacteristics
are quite degraded when placed in a reverberant environ-
ment. This motivates research on a personal audio device
that can be made more directional in the vertical as well as
the horizontal plane, whilst using the same amount of inde-
pendent sources. This paper presents a development of the
array presented in [11]. The array introduced here has a pla-
nar conﬁguration, in where the drivers are arranged to form
a4 ×8 matrix, with the speakers of each column driven in
phase. Hence, only 8 ﬁlters are employed to drive the array,
but the vertical radiation beneﬁts from natural beamforming
due to the vertically stacked source arrangements.
2. The Design of the Array
The directional performance of a line array increases in pro-
portion to the number of sources employed; however, a dig-
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Fig.1 View of the two line arrays used in the study; The 1×8a r r a y( t o p ) ,
and the 4×8a r r a y( b o t t o m ) .
ital ﬁlter is needed to drive each source if a superdirective
beamforming is to be created. Apart from the increase in
processing complexity, a greater number of sources also im-
plies largergainsfor the superdirectivecontrol, andagreater
sensitivity to errors in response and position uncertainties.
The number of independently controlled sources to use in
an array, is hence, a key factor for its implementation. As
it is desirable to use a small number of independently con-
trolled sources and at the same time minimise the excitation
of the reverberant ﬁeld, the sources of an array should be
quite directional by themselves.
The array previously considered [11], which is shown
in the upper part of Fig.1, consists of a row of 8 single
sources and is called the 1×8 array. The array presented
here is shown in the lower plot of Fig.1, and has dimen-
sions of 21×28cm, since it was designed to be placed below
or above a TV. It uses 32 sources, with 4 sources arranged
in 8 columns, and is hence the 4×8 array. Due to the larger
aperture inthe verticaldirection, a beamforming is obtained,
which leads to a large increase of the directivity in the ver-
tical plane. The directional characteristics of a radiator can
be quantiﬁed with the use of the directivity index, deﬁned
as the ratio of pressures on axis between a certain radiator
and an omnidirectional source, when they are both radiating
the same acoustic power [19]. The directivity index can be
Fig.2 Directivity Indices of the individual sources in the two arrays used
in this study. The 4th column of the 4×8 array is represented by the solid
line, whilst that the 4th source of the 1×8 array is represented by the dashed
line. The theoretical directivity index of a hypercardioid source is given in
dashed-dotted-line.
obtained by integrating the radiated pressure all around the
source of study and comparing it with the pressure radiated
by an omnidirectional source
DI = 10log10
⎛
⎜ ⎜ ⎜ ⎜ ⎜ ⎜ ⎜ ⎝
4π|pax|2
  2π
0
  π
0 |p2(φ,θ)||sin(φ)|dφdθ
⎞
⎟ ⎟ ⎟ ⎟ ⎟ ⎟ ⎟ ⎠, (1)
where |p|2 is the mean-square at a distance r on the axis
given by the polar and azimuthal angles φ and θ and the
subscript ax refers to on-axis. The directivity index obtained
by one of the central columns of the 4×8a r r a yi ss h o w n
in Fig.2, in comparison with the directivity index of one
of the central sources of the 1×8 array. Due to the vertical
beamforming, the sources of the 4×8 array provide a large
enhancement in directivity index with respect to one of the
sources of the 1×8 array.
To control the back radiation of the array, each individ-
ual driver is placed inside a phase-shift cabinet [12],[20].
This is a special enclosure with a rear opening covered with
an acoustic resistance. Due to the internal volume of the
cabinetandthe acousticresistanceof therearface, anacous-
tical RC network is created, so that the rear face of the cab-
inet radiates with a delay with respect to the driver. If the
characteristics of the acoustic resistance and the volume of
the cabinet are carefully tuned, a directional radiating pat-
tern can be obtained. As each individual source has been
adjusted to be a hypercardioid, the input to the reverber-
ant ﬁeld is minimised [13]. This fact is observed in Fig.2,
where it is shown how one of the sources of the 1×8 array
obtains a directivity index very close to the theoretical value
of a hypercardioid, up to 6kHz. The reduction in directiv-
ity above 6kHz is caused by the ﬁnite separation between
the front of the driver and the rear port resistance. Theoret-
ically, for a ﬁrst order radiator tuned to be a hypercardioid,
the directivity falls oﬀ at f = 3c/4d,w h e r ec is the speed
of sound and d is the separation between the front of the1826
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driver and the rear opening. For the case of the sources pre-
sented here, this frequency is higher than that observed in
practice. This is due to the ﬁnite size of the cabinet and the
consequent change in position of the acoustic centre. In or-
der to damp the reduction of directivity at this frequency, the
implemented phase-shift sources have a secondary acoustic
inertance and resistance at their back, which reduces the ra-
diation at high frequency.
The sources of the array are spaced 3.5cm horizontally
and 5cm vertically. The horizontal distance of 3.5cm was
selected so that the spatial aliasing cut oﬀ frequency [14] is
placed above 7.8kHz [11]. This allows a control of the fre-
quency bandwidth that inﬂuences speech intelligibility [21].
The 5cm vertical separation has been selected to provide an
extended boost at a lower frequency. This conﬁguration also
has a gap between each source, so that the phase-shift can
operate eﬃciently.
3. Array Signal Processing
3.1 Control of the Sound Field
The sound ﬁeld is sampled at a set of control points, as
shownin Fig.3, whichallows the transfer functions between
each source of the array and each control point to be mea-
sured. In the work presented here, least square inverse ﬁlters
are used, as they have shown to provide a good balance be-
tween directive performance and audio quality [11].
To formulate the control performance, the nomencla-
ture introduced by Choi and Kim [22] is employed. Two
control zones are deﬁned; a bright zone, where the acous-
tic pressure is to be maximised, and a dark zone,w h e r et h e
pressure is to be minimised. In the application presented
here, the hearing impaired person is assumed to be in the
bright zone, whilst that the other TV listeners with normal
hearing are assumed to be in the dark zone. Considering ra-
diation at a single frequency, the pressure distribution at the
Fig.3 2D control geometry used for creating the ﬁlters and for measur-
ing the directive performance of both arrays. Dots represent the dark zone
control microphones and closed circles represent the bright zone control
microphones. The stars represent the 8 sources of the array.
whole set of control points is rearranged into two vectors,
pB and pD. These vectors are given by the product of the
transfer responses from the array to each control zone, and
the vector of optimal source strengths q. The vector pB con-
tains the pressures at each control point in the bright zone,
and is given by
pB = ZBq, (2)
whilst the vector pD of pressures in the dark zone, whose
mean square pressure is to be minimised, is given by
pD = ZDq, (3)
where ZB and ZD are the (NB×M)a n d(ND×M) matrices of
transfer impedances from each element in q to each element
in pB and pD. NB is the number of microphones of the bright
zone and ND the number of microphones of the dark zone,
whilst M is the number of sources of the array. The over-
all directional performance of the array is deﬁned in terms
of the acoustic contrast [22] between the mean square pres-
sures in both control zones, being deﬁned as
C =
ND
NB
pH
BpB
pH
DpD
=
ND
NB
qHZH
BZBq
qHZH
DZDq
, (4)
where H denotes the Hermitian, complex conjugate, trans-
pose and the ratio
ND
NB makes the contrast independent of the
number of control points in bright and dark control zones.
This can be viewed as a generalisation of the directivity in-
dex, in which the pressure averaged over a region of space
is considered instead of just a single on-axis point. It is
also convenient to introduce a metric which quantiﬁes the
amount of energy used to drive the array sources. The array
eﬀort is deﬁned as the norm of the optimal set of volume
velocities, divided by the norm of the volume velocity that
a single source requires to obtain the same pressure as that
produced by the array in the centre of the bright zone, qMON.
The normalised array eﬀort is thus deﬁned as
AE =
qHq
|qMON|2. (5)
This quantity is proportional to the amount of electric power
employed to drive the array, assuming the electroacoustic
interaction between the transducers of the array is negligi-
ble. The magnitude of the array ﬁlters can be controlled
by constraining the array eﬀort to be lower than a given
value at each frequency, which is achieved by varying the
regularisation parameter, β. By limiting the array eﬀort, ill-
conditioning with respect to the inversion of the propagation
matrix is also avoided, and so the array is made more robust
changes in the environment [18]. Array eﬀort and acoustic
contrast are dimensionless quantities, whose levels are typi-
cally plotted in decibels.
3.2 Regularised Least Squares Filters
The least squares formulation allows the selection of a pres-
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at each control point. It also gives a pressure distribution
in the listening zone with a better audio quality than that
provided by other superdirective control techniques, such as
the acoustic contrast maximisation method [22]. In the least
squares formulation both control matrices are rearranged to
form a combined matrix, Z, with dimensions N × M,o ft h e
form
Z =
 
ZB
ZD
 
, (6)
where N = NB + ND is the total number of control points.
The vector of pressures at the N control points due to the
array is then deﬁned as
p = Zq. (7)
ThedesiredsoundﬁeldisdeﬁnedbypT, whichinthecaseof
the application presented here is equal to the transfer func-
tions from the 4th source of the array to the bright zone and
0 everywhere else. An error vector, e, is deﬁned as the dif-
ference between the desired acoustical ﬁeld and the physical
acoustic ﬁeld
e = pT − p. (8)
The lowest value of e is given by the distribution of array
source strengths which provide an acoustic ﬁeld equal or
close to pT. In order to minimise the error vector, a cost
function J is introduced, which is given by the sum of the
modulus squared error signal and a term proportional to the
sum of the modulus squared source strengths
J = eHe + βqHq = (pT − p)H(pT − p) + βqHq, (9)
Substituting Eq.(7) into Eq.(9) and diﬀerentiating with re-
spect to the real and imaginary parts of q a n de q u a t i n gt o0
leads to
q = [ZHZ + βI]−1ZHpT, (10)
which gives the optimal set of source strengths for the case
of an overdetermined system. The scalar β acts as a regular-
isation parameter, which is used to give a reasonable trade
oﬀ betweendirectionalperformance andelectric powerused
to drive the array sources [11]. The personal audio perfor-
mance of an array optimised using the least squares method
depends entirely on the deﬁnition of the vector of target
pressures, pT. Although this has been designed in terms of
the speciﬁc deﬁnition of the bright and dark zones in Fig.3,
a range of ﬁlters can be computed for diﬀerent positions of
the bright zone, so that the main beam can be steered to dif-
ferent directions. At this point, the acoustic contrast max-
imisation algorithm can be used as benchmark for the per-
formance of the array [10],[11], since it gives the highest
mean square pressure diﬀerence between bright and dark
control zones, and diﬀerent target pressure conﬁgurations
could be tested until a good balance between audio quality
and directivity is obtained.
4. Free Field Performance
After measuring the transfer functions of the 4×8a r r a yi na n
anechoic chamber, least squares ﬁlters have been obtained
for the desired pressure target. Using this set of ﬁlters, the
performance has been measured in the anechoic chamber
using the 2D microphone array shown in Fig.3. These re-
sults are shown in Fig.4, where the corresponding acous-
tic contrast of the 1×8 array is also shown for comparison.
The array eﬀort has been limited to be below 6dB in both
cases, as this ﬁgure allows a good directive pattern to be ob-
tained, while at the same time limiting the maximum mag-
nitude of the array ﬁlters suﬃciently to prevent over-driving
of the sources. Both arrays oﬀer a very similar acoustic con-
trast ﬁgure, as theoretically, they should have practically the
same performance in this horizontal control zone. The per-
formance of the 4×8 array, however, is slightly lower than
that of the 1×8 array at frequencies below 3kHz, which can
be attributed to the fact that the sources of the 1×8 array
are more directional in the horizontal sense, since the bigger
Fig.4 Free ﬁeld acoustic contrast measured on the 2D control geometry
s h o w ni nF i g .3a n da r r a ye ﬀort needed by the least square ﬁlters. The solid
line refers to the results of the 4×8 array and the dashed line refers to those
of the 1×8 array.1828
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baﬄeo ft h e4 ×8 array makes it more diﬃcult to create the
phase-shift eﬀect.
A three-dimensional directivity estimation provides a
more realistic measure of performance of the 4×8 array. By
measuring the transfer responses both in a horizontal and
a vertical plane, values can be linearly interpolated to give
an estimation of the transfer responses to a sphere of points
surrounding the array. Using these transfer responses, a 3D
control zone has been created as shown in Fig.5, consisting
of 1106 microphones. The bright zone is the same as that
presented in Fig.3 but is extended vertically between −7.5◦
and 7.5◦, so that now it is formed by 9 microphones. The
rest of the microphones deﬁne the dark zone.
Using the same set of ﬁlters as for the results of Fig.4,
the performance that both arrays produce in the control zone
of Fig.5 has been calculated via oﬀ-line simulations. These
results are shown in Fig.6, where it can be observed how the
high frequency performance of the 4×8a r r a yi sm u c hb e t t e r
Fig.5 3D control geometry used for measuring the directional perfor-
mance of both arrays. Dots represent the dark zone’s control microphones
and closed circles represent the bright zone’s control microphones. The 32
stars represent the sources of the 4×8 array.
Fig.6 Comparison of the free ﬁeld acoustic contrast predicted in the 3D
control geometry. The solid line represents the results of the 4×8 whilst the
dashed line shows those of the 1×8 array.
than that of the 1×8 array, due to the beneﬁts of the vertical
beamforming, leading to an improvement of about 12dB of
acoustic contrast at around 5kHz.
5. Reverberant Performance
The acoustic contrast has also been measured for the two ar-
rays in a listening room, as shown in Fig.7. This room has a
mid-frequency reverberation time (average of 500Hz, 1kHz
and 2kHz) of about 0.3 s. The measurements have been per-
formed using the horizontal control zone deﬁned in Fig.3,
with the same set of ﬁlters as for the free ﬁeld results. The
reverberant contrast results are show in Fig.8, compared to
those obtained in the free ﬁeld. The reverberant results for
the 4×8 array show that a reduction of between 3 and 5dB
is obtained with respect to the anechoic case. The 4×8a r -
ray is able to provide a much greater performance than the
1×8 array in the reverberant environment. This increases al-
most constantly from 500Hz, to obtain around 5dB of gain
Fig.7 Set up of the measurements performed in a listening room.
Fig.8 The acoustic contrast measured in a listening room in comparison
with that obtained in anechoic conditions. The free ﬁeld results for the 4×8
array are represented by the light solid line, the free ﬁeld results for the 1×8
array are represented by the dark solid line, the reverberant results for the
4×8 array are shown by the dashed line and the reverberant results for the
1×8 array are shown by the thin solid line.SIM´ ON G´ ALVEZ et al.: PERSONAL AUDIO LOUDSPEAKER ARRAY AS A COMPLEMENTARY TV SOUND SYSTEM FOR THE HARD OF HEARING
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in contrast around 5kHz. These results are in the fashion of
the 3D free ﬁeld contrast results, shown in Fig.6, where it
can be seen that, due to the vertical beamforming, the 4×8
array obtains a much higher acoustic contrast, which in the
case of the reverberant results, leads to a lower excitation of
the reverberant ﬁeld.
When an acoustic radiator is placed in a reverberant
environment, the sound it radiates is reﬂected by the room
surfaces, creating an additional reverberant pressure ﬁeld
with identical space average properties throughout the room
above the Schroeder frequency [26]. This extra pressure
component adds to each of the control points, increasing
the level in the dark zone and consequently reducing the
contrast. It is possible to observe how the free ﬁeld acous-
tic contrast is greatly reduced when the array is introduced
into a reverberant environment, and how important the di-
rectional characteristics of the individual sources of a ra-
diator are to keep the power input to the reverberant ﬁeld
low. An example can be given by the 1×8a r r a y ,w h i c hu s e s
hypercardioid sources. Such sources theoretically minimise
the power input to the reverberant ﬁeld, however, when the
1×8 is introduced into the listening room, a poor directivity
is obtained.
The directivity of the 4×8 array measured in the free
ﬁeld and in the listening room, is shown for some frequen-
cies in Fig.9. In the free ﬁeld results the secondary lobes
are very small compared with the main lobe, and the back
radiation is greatly attenuated due to the phase-shift eﬀect of
the sources. The main lobe is centred at about 7.5◦, accord-
ing to the deﬁnition of the bright zone. In the reverberant
results, the level at other points apart form the bright zone is
increased. This is due to the extra pressure component that
the reverberation introduces.
Using the same set of ﬁlters, the performance has been
measured in a control geometry formed by four dummy
heads, spaced 0.65m apart, which is designed to represent
a situation in which 4 viewers watch TV whilst sat on a
sofa. One of these listeners is assumed to be hearing im-
paired, and needs the boost of the array, representing the
bright zone, whilst the 3 other listeners are assumed to have
normal hearing, forming the dark zone. This control zone
is depicted in Fig.10. The acoustic contrast performance in
this case is shown in Fig.11, along with free ﬁeld results
measured using the same control geometry. The reverber-
ant results are only around 2dB lower than the free ﬁeld
results below 4kHz, since in this frequency region the per-
formance in such a control zone is given by the width of
the main lobe, which is similar for both results, as observed
in Fig.9. Above 6kHz the free ﬁeld performance is about
15dBgreaterthanthatmeasuredinreverberantcondition, as
the 3D directivity of the sources breaks down and increases
the reverberation. Nevertheless, the array gives about 18dB
of acoustic contrast at 6kHz in a reverberant environment,
which is enough to boost speechintelligibility. Although the
room where the performance has been measured has a low
reverberation time, this is not too far away from the rever-
beration time of an average carpeted living room.
Fig.9 Horizontal directivities at various frequencies for the 4×8 array.
The solid line represents the results in the free ﬁeld, and the dashed line
represents the results in the reverberant room.
Fig.10 Control zone used to simulate an everyday scenario. The dark
grey ears viewers have normal hearing, setting the dark zone, whilst that
the light grey ears viewer represents a spectator with hearing loss, which
forms the bright zone.1830
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Fig.11 Reverberant acoustic contrast for the 4×8 array obtained in the
control zone formed by 4 dummy heads, as shown in Fig.10. The free ﬁeld
results are shown in solid line, whilst the reverberant results are shown in
dashed line.
6. Conclusions
This paper has presented a superdirective array, designed to
increase speech intelligibility for the hard of hearing. The
device has a planar conﬁguration, in where the sources are
grouped in vertical sets of four. Due to this arrangement,
an increase in the DI of each individual source is obtained.
This increase in directional performance is more signiﬁcant
above 1kHz, where the vertical dimension of the array be-
comes comparable with the wavelength of radiation.
If compared to an array with the same number of hy-
percardioid sources, the array presented here gives a very
similar performance in a horizontal plane in the free ﬁeld.
The performance is however much increased if the acoustic
contrast is assessed in a 3D control geometry or in a rever-
berant environment. Measurements have been performed in
a listening room and it has been shown that the array using
columns of four sources obtains a gain in acoustic contrast
of about 5dB at 5kHz with respect to an array of hypercar-
dioid sources.
Measurements of performance in a control geometry
composed by 4 dummy heads have shown that an acoustic
contrastofabout10dBcanbeobtainedbetween3and9kHz
in a reverberant environment. Further work will be carried
out by performing subjective tests to asses the increase in
speech intelligibility that the array is able to give.
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